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[57] ABSTRACT 

A digital communication device of the present invention is 
provided with a modulation circuit for modulating a digital 
transmit signal, a first Interpol ater for converting the modu- 
lated signal in frequency, a coding circuit for coding the 
signal converted in frequency into an audio PCM transmis- 
sion code with reference to a voice companding code table, 
a decoding circuit for decoding a coded audio PCM receive 
code into a digital signal with reference to the voice com- 
panding code table, a second interpolater for converting the 
decoded digital signal in frequency, and a demodulation 
circuit for demodulating the converted signal, and digitally 
performs modem modulation/demodulation and voice codec 
processing. 

38 Claims, 15 Drawing Sheets 
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DIGITAL COMMUNICATION DEVICE The case io which the communication control unit func- 
tions as a G3 facsimile will now be described. In this case, 

BACKGROUND OF THE INVENTION it is assumed that the switches SWl and SW2 shown in FIG. 

1. Field of the Invention ^ connected (turned ON) to G3. 

T^e present invention relates to a digital communication ' First, the facsimile control portion 814 operates the net- 
device for communicating a modulated signal through a work control portion 813 and carries out a caU-out procedure 
dieital line ^ call-in procedure by usmg a G3 phone number 815, 

^ ^ * . r .u n 1 * J previous to facsimile transmission. The G3 phone number 

2. Description of the Related Art 815 is actually the number of a digital telephone. When the 
A typical digital modem for performing modem/voice procedures are completed through the network control por- 

codec processes is mounted in a communication control umt ^.^^ ^^3^ D-channel control circuit 808 and the Une 

for a facsimile having G3/G4 functions connected to a interface circuit 802, a line of audio communication between 

digital line. The communication control unit of the G3/G4 ^ terminal of the subscriber and the other terminal is 

facsimile is constructed as shown in FIG. 9. Refernng to established 

FIG. 9, numeral 817 denotes a processing section having .5 . . . A;^tn\ 

' . ^ , , , J ^oM A « Althoueh not shown in FIG. 9, a voice call by a digital 

G3/G4 functions. On the other hand, numeral 801 denotes a ^ ^ u *u ti u i - ui • *u- iSl 

vjj/^-r luuvti^^iio telephone through the B channel is possible m this state, 

communication control section. ^ ° , ^ , . . , ^ . . -u 

In this example, an Integrated Services Digital Network A^'" '^e terminal of the subscriber 

(ISDN) is used as a digital line, and a part corresponding to network and the other termmal is estabhshed. fac- 

the subscriber's line is, herein, expressed as a S interface. 20 ^'""^^ transmission is started. 

A facsimile communication operation of the communica- The facsimile control portion 814 operates a ptocedtire a 

tion control unit according to the prior art will now be 81» Previous to .mage transmission Tlie procedure a 810 .s 

described or ^ communication control procedure according to 

,■ • . „„ .,„i T. 30 of the CaTT Recommendation. This communication 

First, the case in which the communication comrol unit ^^^^^ ^ ^^^.^^ ^^.^^ 

functions as a G4 facsimile wiU be explained^ In his case 25 P ^ ^ ^^^^^ conventional 

It IS assumed that switches SWl and SW2 shown m FIG. 9 ^ ^J^^.^^^ ^.^^ communication line is an analog line, 

each are comiected (turned ON) to the side of 04. communication is possible in this state. 

In the above processing section 817, a facsjmrie c^^^^^^^ ^^^^^^ 

portion 814 executes various kinds of control Operations m . , u - aZ^ q(u: . A;^t.} 
^ / ^ 30 iQto digital signals through a voice codec 806 for a digital 

order to make the whole func ion as a Ja^^ile^ The J J ^^^^ communication is performed through 

facsimile «,ntrol portion 814 operates a network con rol /g.^^^^^^! ^^^j^^j ^^^^^ the line interface 

portion 813 and carnes out a call-out procedure or a caU- n ^ ^ ^ ^ 

procedure by using a G4 terminal number 816, previous to ^''^ . . a- . \u r-r-m- 

facsimile transmission. In the ISDN, these procedures are communication comrol procedure according to the CCITI 

carried out by using a D channel, and thus the network Recommendation. 

control portion 813 is connected to the S interface through After carrying out the communication procedure with the 

a D channel comrol circuit 808 and a line interface circuit other terminal, the facsimile control portion 814 operates a 

802 After the connection of the unit to the network is thus MH/MR codec 809 so as to start image transmission. The 

completed, facsimile transmission is started. MH/MR codec 809 performs a G3 codmg/decoding pro- 

-nie facsimile control portion 814 carries out a procedure cesses of image data according to T 4 of the CCITT 

b 812 previous to image transmission. Tlie procedure b 812 Recommendation and compresses and expands the un^ 

is a G4 communication procedure according to T. 62, T. 73 ^^t^- 

and T 70 of the CCITT Recommendation. The image data is converted into analog signals (in the 

These procedures are connected to the switch SWl voice grade) through the modem 805. The modem 805 is a 
through a a)nnecting circuit 807. The connecting circuit 807 modem (V27ter or V29) for G3 image transmission accord- 
is a connecting circuit for digital communication according ing to the CCITT Recommendation. These maage signals are 
to X. 21bis of the CCITT Recommendation. Tliese proce- also connected to the S interface through the voice codec 
dures and the image transmission are normaUy executed by 806, the B-channel control circuit 803 and the line interface 
using a B channel in the ISDN, and thus the connecting circuit 802 in the same manner as above, 
circuit 807 is connected to the S interface through a B Image transmission with the G3 facsimile function is 
channel control circuit 803 and the line interface circuit 802. performed according to the above-mentioned operations. 

Subsequently, when the connection is completed, the The components (the modem 805 and the voice codec 

facsimile control portion 814 operates a MMR codec 811, 806) enclosed by the hne 804 shown in FIG. 9 wiU now be 
thereby starting to transmit image data. The MMR codec 811 55 described in detail with reference to FIG. 10. 

executes coding and decoding of image data according to T. The modem 805 performs modulation or demodulation on 

6 of the CCITT Recommendation, and compresses and the basis of a digital operation, and executes D/A or A/D 

expands the data. conversion in each sampling clock which is normally 9.6 

Acodec for executing coding/decoding processes accord- KHz. The voice codec 806 is an audio PCM codec for 
ing to T. 6 will be referred to as a Modified Modified READ 60 converting analog signals in the voice grade into digital 

(MMR) codec hereinafter. The image data is also generally signals and performing compression coding, or performing 

transmitted by using the B channel in the ISDN, and thus the the operations in reverse order, and generally executes A/D 

MMR codec 811 is connected to the S interface through the or D/A conversion and corresponding coding/decoding in 

connecting circuit 807, the B^hannel control circuit 803 and each sampling clock which is 8.0 KHz. 
the line interface circuit 802. 65 In transmission, a digital transmit signal (a) is input to a 

Image transmission with the G4 facsimile function is modulation circuit 901, and modulated by a carrier fre- 

carried out according to the above-mentioned operations. quency prescribed in the CCITT Recommendation. The 
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digital output signal from the modulation circuit 901 is BRIEF DESCRIPTION OF THE DRAWINGS 
converted into an analog transmit signal (b) in the voice schematic block diagram showing the con- 
grade by a first D/A converter 902 and a first lowpass filter ^j^^,.^^ ^ ^ ^^^^^ according to a first embodi- 
(LPF) 903. The signal (b) is input to the voice codec 806, ^^^j. 

':tZ7Sl :udt'pS ' nG.2isaflowchartshowingopcrationsofatransmitting 

transmission code (c) by a coding circuit 905 with reference side m the embodiment; 

to a voice companding code table 906 and output. FIG. 3 is a flowchart showmg operations of a receiving 

nie first lowpass filter 903 and a second lowpass filter 909 side in the embodiment; 

remove harmonic noise included in analog signals output ^0 FIGS. 4 and 5 are views explainmg processing of a first 

from the first D/A converter 902 and a second D/A converter interpolater; 

908. FIGS. 6 and 7 are views explaining processing of a second 
Receiving operations will now be described. interpolater; 

As illustrated, an audio PCM receive code (d) is input to FIG. 8 is a schematic block diagram showing the con- 
a decoding circuit 907 and decoded with reference to the struction of a facsimile according to the first embodiment; 
voice companding code table 906. The decoded digital FIG. 9 is a schematic block diagram showing the con- 
signal is converted into an analog signal (e) in the voice struction of a communication control unit for a conventional 
grade by the second D/A converter 908 and the second LPF facsimile; 

909. The analog signal (e) is input to a second A/D converter pjQ ^ detailed block diagram showing the construc- 
910 in the modem 805 and converted into a digital signal ^^^^^ Qf ^ modem and a voice codec shown in FIG. 9; 
again. Then, the digital signal is demodulated and output as ^ schematic block diagram showing the con- 
a digital receive signal (f) by a demodulation circuit 911. struction of a digital modem 101 according to a second 

However, in the above prior art shown in FIG. 10, since embodiment; 

the sampling frequency of the D/A and A/D converters 902 25 ^^IG 12 is a schematic block diagram showing the con- 

and 910 used in the modem 805 and the sampling frequency ^jruction of a facsimile according to the second embodi- 
of the A/D and D/A converters 904 and 908 used in the voice 

codec 806 are different, the conversion, a digital signal' an ' , j- u ■ *u 
analog signal' a digital signal, is necessar^ between the FIG. 13 ^ a schematic block diagram showmg the coo- 
modem 805 and the voice codec 806, thereby causing a 30 " / ^'^''^ "^"'^^"^ ^'^^^^^"^ ' '^''"^ 
quantitizing enror which results in the deteriorated transmis- embodiment, 

sion ability F^^- 14 is a schematic block diagram showing the con- 
Since boih sampling frequencies of 9.6 KHz and 8.0 KHz struction of a facsimile according to the third embodiment; 
are used, the modem 805 and the voice codec 806 constitutes 

an extremely large circuitry. It is necessary to design a LSI 35 FIGS. 15 to 17 are flowcharts showmg the procedures for 

for the modem 805 and a LSI for the voice codec 806 as loopback tests in the third embodiment, 

separate chips. This needs a wide space and increases costs, DESCRIPTION OF THE PREFERRED 

Furthermore, since either of functions /i-law or A-law is EMBODIMENTS 
only used as a PCM coding rule which is referred to in 

coding and decoding, it is necessary to prepare a codec A preferred embodiment of the present invention will now 

according to the PCM coding rule used in an area where a be described in detail with reference to the accompanying 

data communication apparatus is installed. If the data com- drawings. 

munication apparatus is transferred to an area where a c u^- tl 
different PCM coding rule is used, inconveniently, it is l^^^^ bmbodimentj 
necessary to replace the codec. FIG, 1 is a schematic block diagram showing the con- 
In addition, since a transmission processing system, such struction of a digital modem (codec/modem) 101 according 
as modulation, demodulation and PCM/voice codec to a first embodiment. 

processing, cannot be checked for itself, it is not possible to pjQ 8 is a schematic block diagram showing the con- 
easily determine a part of the transmission system where a struction of a facsimile according to the first embodiment, 
failure occurred. ^ illustrated, in this embodiment, the D/A and A/D 



SUMMARY OF THE INVENTION 



converters in the modem and the D/A and A/D converters in 
the voice codec are removed from the conventional modem/ 

The present invention aims to solve the above problems. voice codec processing basic composition shown in FIG. 10, 

Therefore, an object of the present invention is to provide a ^pp modem and the LPF in the voice codec, which 

digital communication device capable of digitally process- unnecessary due to the removal of the above converters, 

ing modem modulation and demodulation and voice codec ^j.^ lakGn away, and interpolaters 103 and 107 are 

processes. substituted for the converters and the LPFs. 

Another object of the present invention is to provide a In the above construction, when a transmission operation 

codec capable of selecting a PCM coding rule to be referred performed, a digital transmit signal (a) input to a modu- 

to in coding and decoding. lation circuit 102 is modulated by a carrier frequency 

A further object of the present invention is to provide a prescribed according to the CCITT Recommendation. The 

modem capable of easily determining a part of a transmis- modulated output signal is a digital signal, and output in 

sion processing system where a failure occurred. each sampling clock which is normally 9.6 KHz. The output 

Additional and other objects of the present invention will 65 signal is input to a first interpolater 103 and sampled by a 

become apparent from the detailed description in conjunc- sampling clock of 8.0 KHz. In other words, the sampling 

tion with the accompanying drawings. conversion from 9.6 KHz to 8.0 KHz is carried out. The 
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converted signal is furthermore input to a coding circuit 104, transmitting side. Therefore, one receive data symbol, that 

converted to an audio PCM transmission code (b) with is, five PCM codes (« 1/1600+1/8000) are input in Step S300 

reference to a voice companding code table 105, and output shown in FIG. 3. Subsequently, the decoding circuit 106 

in a sampling clock of 8.0 KHz. decodes the input five PCM codes according to G. 711 of the 
A receiving operation will now be described. 5 GCITT Recommendation in Step S301. Then, in Step S302, 

An input audio PCM receive code (c) is decoded by a Ihe decoded results are temporarily saved in preparation for 

decoding circuit 106 with reference to the voice companding the subsequent interpolation. 

code table 105, The decoded digital signal is output in the Next, interpolation using the saved five data is executed 

sampling clock of 8.0 KHz. Then, the output signal is input by the second interpolater 107 in Step S303, and the 
to a second interpolate: 107 and sampled by a sampling 10 sampling frequency conversion from 8.0 KHz to 9.6 KHz is 

clock which is normally 9.6 KHz. In other words, the achieved. This samplmg conversion can be earned out by 

sampUng conversion from 8.0 KHz to 9.6 KHz is carried Perforrning interpolation te^^ the five data in the 

out. Vc^nverted sigr.1 is ^rthermore demodulated by a ^y^^^b^^^^ ^^T^S^"^^^ 

demodulation cu-cuit 108 and output as a digital receive n/i 600+6*1/9600) 

signal (d) in a sampling clock of 9.6 KHz. 15 ^ ^.u u • . 1 • 1 . ^ *u • * 

^ . r . J r J- 1 J When the above interpolation is completed, the interpo- 

Operations of a transmiltmg side of the digital modem . . , ^ j • c * oan>i • 

^ . . L J- n u J -u J lation results are temporanly saved in Step S304 in prepa- 

101 according this embodmient wm be described with ^^^^^ subsequent demodulation. In Step S305, the 

reference to the flowchart shown m FIG 2. interpolation results are demodulated by the demodula- 

Tlie case that a V27ter modem is used and the transmis- ^.^^ ^^^^.^ ^ ^^^^ ^^^^^ (1/1600") by a basic 

sion rate is 4800 bps is given as an example. 20 ^^^^^^^^^ ^^^-^^ ^ ^^^^^ yg^^. ^^^^ ^y^^ol data 

The modulation circuit 102 shown in FIG. 1 repeals ^jt) is obtained as a result and output to the FAX in Step 

processes in each transmit data symbol (1/1600"), Therefore, g^Q^ 

one transmit data symbol (=3 bit) is read from a transmitting ^^^^^ interpolation on the receiving side will be 

facsimile (FAX) in Step S200 shown in HG. 2, and demodu- i^i^^d with reference to FIGS. 6 and 7. 

lation for a symbol cycle (1/1600") is conducted on the data ^5 ^ - * • i- u* ■ ^ u ♦u 

, . r u • 1 fi/n/:nntf- cim FIG. 6 shows a discrete receivc wavetorm obtamed by the 

by a basic frequency having a cycle or 1/9600 in Step S201. . „^ . . - , j j r 

, , ^, / . ^ ,^^r^ \ l^^^f^f^\ j w u process lu Stcp S301 shown m FIG. 3, and a dotted hne 

In other words, six (« 1/1 600+1/9600) modulation results ^ ^ , . . - xnn ^L a a- , a . 

, . J . ^ ' u .u u • expresses an envelope. As shown in FIG. 6, five discrete data 

can be obtained by executing processing by the basic ^ j « i • « i / i /onnnti\ • u i 

„ . . , 47 1 /n/:nnti e i /i /cnn.t are arranged at regular intervals (=1/8000") in a symbol 

frequency having a cycle of 1 9600" for 1/1600 (^i^j^OO") Tl,e envelope expressed in .he dotted 

In Step S202 the six modulation results are temporanly ^.^ ^ ^^^^ ^ interpolation based on the five data, 

saved n an uni lustrated buffer m PJfParat.on for the sub- ^ ^^^^^ ^^^^ ^.^ ^.^^^^^ j^,^ 

sequent mterpolation. Then, in Step S203, the mterpolation . , , . -t tr^^nnv\ • u i • * i / i yi£nnn\ 

? . J ■ J* • \^ *u . - * 1. intervals (=1/9600") in a symbol mterval (=1/1600") after 

using the saved six data is performed by the first interpolater . i f r o n iru i n ^ 

. 1- f A. c\ Avu^ the samplmg frequency conversion from 8.0 KHz to 9.6 

103, the conversion of the samphng frequency from 9.6 KHz ■ a . a ^ i ■ * i u. - a 

o /^i^TT ■ u- A rn,- T' e • 35 KHz. The SIX data arranged at regular intervals are ob tamed 

to 8.0 KHz is achieved. This sampling frequency conversion . , , i ffu r « „ i nmAnn.. 

, - J, J ■ * 1 u * *u by calculating values of the envelope at intervals of 1/9600". 

can be performed by conducting interpolation by using the . , j , . . l 

six data in a symbol interval (-1/1600"), obtaining five ^ ,As descried above, according to this embodmient, the 

interpolation results, and sampUng the results at regular ^°"^'°Jof^^"'' ^ ^ performmg the 

intervals (1/8000=1/1600*5). modem/PCM codec processmg. 

When the above interpolation is completed, the interpo- J^^ ^ ^/A converters mounted in the modem 

lation results are temporarily saved in Step S204 in prepa- Y^c'' "O^^^Uy oP^'^te at a sample rate 0^6 KHz and the 

ration for the subsequent PCM coding. The coding circuit ^ "^^ ^'^ converters mounted in the PCM codec which 

104 performs coding according to G. 711 of the CCITT ^°''^''^y "P""'^ " f""?!* f« 

Recommendation in Step S205, and a PCM code is output conventional communication control unit the LPF 
• c* oAi: 45 m the modem and the LPF in the PCM codec are also taken 

m Step S2Uo. , , , .... 

. . J • o« oinn* cjix^ away, and a sample rate conversion processmg circuit is 

rhe above-mentioned processes m Steps S20U to S2Uo are ^ l * ^. ^ j n^»# j • . j r 

. . , . , ■ . 1 /^ /i ^r!kti\ disposed between the modem and the PCM codec instead oi 

repealed in each symbol mterval (1/1600"). *u u j .u t nr- t* ■ *u u ui * 

^ . . , . .,, , , , • 1 •, the above converters and the LPFs. It is thereby possible to 

The above interpolation will now be described m detail ^.^^^^^^ ^^^.^^^ ^^^^^ modulation/demodulation pro- 

with reference to FIGS. 4 and 5. cessing and the PCM codec processing, and thus to reduce 

FIG. 4 shows a discrete modulation waveform obtained quantitizing errors 

by the process in Step S201 shown in FIG^2 and a dotted Furthermore, since two sets of A/D and D/A converters 

line expresses an envelope. As shown in Fia 4 six discrete ^PFs can be removed, the size of the circuit is made 

data are arranged at regular intervals (=1/9600") in a symbol ^^^^ ^^^^ ^^^^^^^ ,^ ^^^.^.^^^ 

interval (=1/1600"), and the envelope expressed in the 55 ^^^^^ ^^^^ -^^^ ^ .^^^^^^ 

dotted hne can be formed by performmg interpolation conventional composition of the modem, the PCM code, and 

processing based on the six data. ^Sj^^ ^^^^ g^^^^jy expected to save the 

FIG. 5 shows that five discrete data are arranged at regular space 

intervals (=1/8000") in a symbol interval H/1600") after as described above, according to this embodiment, it is 

the sampbng frequency conversion from 9.6 KHz to 8.0 gibie to provide a digital modem 101 having a simple 

KHz. TTie five data arranged at regular intervals are obtamed ^^^^^^^ ^ preventing quantitizing errors by 

by calculating values of an envelope at intervals of 1/8000 ^ .g-^^Uy ^^^^^^-^g ^^^^^ modulation/demodulation 

Operations of a receivmg side of the digital modem 101 ^^^^^ ^^^^ processing, 
in this embodiment will now be described with reference to 

the flowchart shown in FIG. 3. 65 [Second Embodiment] 

The processes are repeated in each receive data symbol A second embodiment of the present invention will now 

(1/1600") on the receiving side in the same manner as in the be described with reference to the accompanying drawings. 
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¥IG 11 is a schematic block diagram showing the con- FIG. 13 is a schematic block diagram showing the con- 
struction of a digital modem 101 according to the second struction of a digital modem 101 accordmg to the third 
embodiment. embodiment. 

HG 12 is a schcmatic block diagram showing the con- _ _FIG. _14_is.a schematic bjock diagram sho^^^^ 
struction of a facsimile according to the second embodi- 5 struction of a facsimile accordmg to the third embodiment, 

ujent As illustrated, in this embodiment, the D/A and A/D 

As" iUustrated, in this embodiment, the D/A and A/D converters in the modem and the D/A and A/D converters in 

converters in the modem and the D/A and A/D converters in the voice codec arc removed from the conventional modem/ 

the voice codec are removed from the conventional modem/ voice codec processing basic composition shown m FIG 10 

voice codec processing basic composition shown in FIG. 10, the LPF in the modem and the LPF in the voice codec, which 

the LPF in the modem and the LPF in the voice codec, which are unnecessary due to the removal of the above converters, 

are unnecessary due to the removal of the above converters, are also taken away, and mterpolaters 103 and 107 are 

a e also taken away, and interpolaters 103 and 107 are substituted for the converters and the LPFs. Furthermore a 

substituted for the converters and LPFs, Either /.-law or switch SWl is disposed between the output o^^^^ 

A-law can be selected by a control line (e) as a PCM coding and the input of the demodulator, a switch SW2 ^ disposed 

rule which is referred to in coding and decoding. between the output of the fir^t interpolater and the input of 

. u * • • ^«...t^^« the second interpolater, and a switch SW3 is disposed 

In the above construction, when a transmission oper^^^^^ tti ip^ 

is performed, a digital transmit signal (a) input to a modu- ..^^^ ^^-^ 

lation circuit 102 is modulated by a carrier frequency ciecoaing circuu. • ct^ n 
preLibed according to the CCITT Recommendation. The The switches SWl to S^3 s^own F^^^ 13 are con- 
modulated output signal is a digital signal, and output in trolled by the facsimile control portion 814. 
each sampling clock which is normally 9.6 KHz. The output Transmitting and receiving operations m the above con- 
signal is input to a first interpolater 103 and sampled by a struction are the same as those in the above hrst 
sampling clock of 8.0 KHz. In other words, the sampling embodiment, and therefore, the descnption of the operations 
conversion from 9.6 KHz to 8.0 KHz is carried out. The is omitted. 

converted signal is furthermore input to a coding circuit 104, All of the above switches SWl to SW3 are in the off state, 

converted to an audio PCM transmission code (b) with procedures for loopback tests which are made by 

reference to a memory 105a in which an A-law voice short-circuiting by the above switches paths for transmission 

companding/expanded code table is stored or a memory receiving of the digital modem 101 in this embodiment 

1056 in which a /i-law voice companding/expanded code ^^|| ^e described. 

table is stored, either which is selected beforehand by an p.^^^ ^ icxjpback test on the modulation circuit 102 and 

interlock switch SW, and output. ^^e demodulation circuit 108 shown in FIG. 13 will be 

A receiving operation will now be described. explained according to the flowchart shown in FIG. 15. 

An input audio PCM receive signal (c) is decoded by a 35 jq this case, it is assumed that only the switch SWl is on 

decoding circuit 106 with reference to either the A-law voice and the other switches SW2 and SW3 are off. 

companding/expanded code table lOSa or the /i-law voice gjgp §401^ data generated inside the modulation circuit 

companding/expanded code table 1056 which is selected by or transmit data from the FAX is modulated by the 

the interlock switch SW. The decoded digital signal is output modulation circuit 102. llie modulated data is demodulated 

in a sampling clock of 8.0 KHz. Then, the output signal is 40 demodulation circuit 108 in Step S402, thereby 

input to a second interpolater 107 and sampled by a sam- restoring the transmit data. It is checked by the facsimile 

pling clock which is normally 9.6 KHz. control portion 814 in Step S403 whether or not the trans- 

In other words, the sampling conversion from 8.0 KHz to mitted data and the restored data are the same, and the check 

9.6 KHz is carried out. The converted signal is furthermore result is output to an display 820 and the like. Then, it is 

demodulated by a demodulation circuit 108 and output as a 45 determined by the facsimile control portion 814 in Step 

digital receive signal (d). S404 whether or not the above process is executed a 

Therefore, it is possible to cope with both A-law and predetermined number of times. If the process is not 

/i-law by allowing the PCM coding rule to be selected by the executed a predetermined number of times, Step S401 is 

interlock switch SW executed again and the above checking operations are 

Although the PCM coding rule is selected according to repeated. f a - iU. 

the control from the facsimile control portion 814 in the According to the above process if no error is found in the 

above embodiment, it is also possible to select the PCM above step S403, it is possible to determine that modulaUon 

coding rule by another method, for example, by turning on and demodulation are normally performed, 

and off a bit switch disposed in the communication control A loopback test on the modulation circuit 102, the first 

yjj-^ interpolater 103, the second interpolater 107 and the 

As described above, according to this embodiment, since demodulation circuit 108 will now be described according to 

the modem modulation/demodulation and the voice codec the flowchart shown m RG. 16. 

processing can be digitally processed and a PCM coding rule In this case, it is assumed that only the switch SW2 is on 

to be referred to in coding and decoding can be selected, it and the other switches SWl and SW3 are off. 

is possible to simplify the structure of the digital modem Data generated inside the modulation circuit 102 or 

101, to prevent quantitizing errors, and to enhance the transmit data from the facsimile cntrol portion 814 is modu- 

convenience of the digital modem 101 lated by the modulation circuit 102 in Step S501. Interpo- 
lation is performed by the first interpolater 103 in Step S502, 

[Third Embodiment] sampling frequency conversion from 9.6 KHz to 8.0 
A third embodiment of the present invention will be KHz is executed. Then, interpolation is performed by the 

described with reference to the drawings. second interpolater 107 in Step S503, and the samphng 
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frequency conversion from 8.0 KHz to 9.6 KHz is executed structure of the digital modem 101. to prevent quantitiziDg 

in preparation for subsequent demodulation. errors, and to enhance the convenience of the digital modem 

In Step S504, the transmit data is demodulated by the 

demodulation circuit 108 based on data whose sampling rnthpr PmhnHlmpnt*;! 

frequency is returned to 9.6 KHz. It is checked by the 5 [Other Embodiments] 

facsimile control portion 814 in Step S505 whether or not Although the sampling frequencies for modulation/ 

the transmitted data and the restored data are the same. As demodulation and for the PCM codec processing are set at 

a result, if no error is found, it is possible to determine that jq^^ and 8.0 KHz, respectively, the sampling frequen- 

the modulation, the demodulation and the first and sea)nd ^jgg Qf ^jjg present invention are not limited to these values, 
interpolations are normally executed. In Step S506, it is lO p^^hermore, although the case in which a V27ter modem 

determined whether by the facsimile control portion 814 or transmission rate is 4800 bps is described, it 

not a series of processes are performed a predetermined ^ obvious that the present invention can be easily appUed to 

number of times. If the processes are not performed a ^^^^^ modems 

predeterminednumberoftimes,StepS501isexecutedagam Although a simple interpolation is performed as sampUng 

and the above processes are repeated. frequency conversion, the same effect can be obtained even 

Finally, a loopback test on the whole transmission pro- ^.^^^ interpolation, interpolation with a 

cessing system in this embodiment will be described accord- poiynonjiai, or the like. The interpolation of the present 

ing to the flowchart shown in HG. 17. invention is not Umited to the above interpolating methods. 

In this case, it is assumed that onl^^^^^ ^ description is given with a 

and the other switches SWl and SW2 are ofif. consciousness that the sampling frequency conversion is 

Data generated inside the modulation circuit 102 or ^^^^^^^ j^^p^ realization of the conversion in the 
transmit data from the facsimile contrd portion 814 is ^^^^^ invention is not limited to the realization by hard- 
modulated by the modulation circuit 102 in Step S601. ^^^^ software 

performed by the coding circuit 104 so as to convert the u^^vi^^ n y & , f„„^*:„„e 

modrted data to a PCM transmission code. The PCM havmg both modulatmg and demodulating ftinctions. 

transmission code is decoded by the decoding circuit 106 in The present invention is also applicable to a simple 

Step S604. In Step S605, interpolation is performed by the coding circuit and a simple decoding arcuit. 

second interpolater 107 so that the decoded data can be While the present invention is described in conjunction 

demodulated. In other words, the sampling frequency con- with preferred embodiments, it will be apparent that the 

version from 8.0 KHz to 9.6 KHz is carried out. present invention is not limited to the above-mentioned 

The interpolation result is demodulated by the demodu- 35 embodiments and that various changes and modifications 

lation circuit 108 in Step S606, and the transmitted data is thereof can be made without departing from the spirit and 

restored. The restored transmit data is compared with actu- scope of the invention as defined in the appended claims, 

ally transmit data by the facsimile control portion 814 in What is claimed is: 

Step S607 and it is checked whether or not both the data are 1, A modulation device for outputting digital data repre- 
the same. As a result, if no error is found, it is possible to senting a modulated signal to a digital transmission path, 
determine that the modulation, the demodulation, the first said modulation device comprising: 
and second interpolations, the coding and the decoding are first conversion means for performing a modulation pro- 
normally executed . cess by converting input signals into first digital signals 
In Step S608, it is determined by the facsimile control representing the modulated signal and outputting said 
portion 814 whether or not the above series of processes are 45 first digital signals at first intervals, said first intervals 
performed a predetermined number of times. If the processes being predetermined for performing the modulation 
are not performed a predetermined number of times, Step process; and 

S601 is executed again and the above processes are repeated. second conversion means for converting said first digital 

As described above, it is possible to easily determine a signals, input at said first intervals, into second digital 

part of the digital modem 101 where a failure occurred by 50 signals representing the modulated signal at second 

executing the loopback tests according to FIGS. 15 to 17 in intervals which are different from said first intervals 

this order. In other words, for example, if the digital modem and which correspond to a sampling frequency of the 

101 passes the loopback tests according to FIGS. 15 and 16 digital transmission path, and outputting said second 

and does not pass the loopback test according to FIG. 17, it digital signals at said second intervals to the digital 

is possible to assume that a failure occurred in the PCM 55 transmission path, 

coding circuit 104 or the PCM decoding circuit 106. 2. A modulation device according to claim 1, wherein said 

Seff-checking of the transmission processing system, such first conversion means sequentially converts said input sig- 

as modulation and demodulation processing and PCMA^oice nals input at the first intervals into said first digital signals, 

codec processing, is made possible by mounting a plurality 3. A modulation device according to claim 1, wherein said 

of paths for short-circuiting transmitting and receiving paths 60 second conversion means converts said first digital signals 

(loopback function), and thus, it is possible to easily deter- input at said first intervals into said second digital signals at 

mine a part where a failure occurred. said second intervals by interpolation. 

As described above, according to this embodiment, since 4. A modulation device according to claim 1, wherein said 

the modem modulation and demodulation and the voice second intervals are equal to intervals between sampling 

codec processing can be digitally carried out and a part of 65 clocks of said digital transmission path, 

the transmission processing system where a failure occurred 5. A modulation device according to claim 1, wherein said 

can be easily determined, it is possible to simplify the first intervals are shorter than said second intervals. 
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6. A demodulation device for demodulating data repre- 
senting a modulated signal received from a digital transmis- 
sion path and decoded by a decoding circuit, said demodu- 
lation device comprising:^ _ _ _ 

conversion means for converting the data representing the 5 
modulated signal input at first intervals from the digital 
transmission path into converted data representing the 
modulated signal at second intervals different from said 
first intervals, said first intervals corresponding to a 
sampling frequency of the digital transmission path; jg 
and 

processing means for performing demodulation based on 
said converted data at said second intervals. 

7. A demodulation device according to claim 6, wherein 
said first intervals are equal to intervals between sampling 15 
clocks of said decoding circuit. 

8. A demodulation device according to claim 6, wherein 
said conversion means converts said decoded data input at 
said first intervals into said converted data at said second 
intervals by interpolation. 20 

9. A demodulation device according to claim 6, wherein 
said second intervals are shorter than said first intervals. 

10. A digital communication device connected to a digital 
network for performing modem and voice code processing, 
comprising: 25 

a transmitting section comprising: 

modulation means for outputling first signals represent- 
ing a first modulated signal using a modulation 
process; 

first conversion means for converting the first digital 30 
signals inputted at a first frequency, which is prede- 
termined for the modulation process used by the 
modulation means, to second digital signals repre- 
senting the modulated signal sampled at a sampling 
frequency of the digital network; 35 

coding means for coding the second digital signals 
converted by said first conversion means; and 

means for outputting the coded second digital signals to 
the digital network; and 
a receiving section comprising: 40 

means for receiving, from the digital network, coded 
third digital signals representing a second modulated 
signal; 

decoding means for decoding the coded third digital 
signals; ^ . . . 

second conversion means for converting the third digi- 
tal signals representing the second modulated signal 
decoded by said decoding means at the sampling 
frequency of the digital network into fourth digital 
signals representing the second modulated signal at 50 
the first frequency; and 

demodulation means for demodulating the fourth digi- 
tal signals converted by said second conversion 
means. 

11. Adigital communication device accordingto claim 10, 55 
wherein said first conversion means outputs the first digital 
signals, which have been input from said modulation means 
in each of a first sampling clock, in each of a second 
sampling clock. 

12. A digital communication device according to claim 60 
10, wherein said second conversion means outputs the 
fourth digital signals, which have been input from said 
decoding means in each of a second sampling clock, in each 
of a first sampling clock. 

13. A modulation device according to claim 1, wherein the 65 
second intervals are intervals sampling at a sampling clock 
of 8.0 KHz. 



14. A modulation device according to claim 13, wherein 
the first intervals are intervals sampling at a sampling clock 

of 9,6 KHz. . ^ ^ 

15. A demodulation according to claim 6, wherem the first 
inteTvals are iritervals sampling at a sampling clock of 8;0 - 
KHz. 

16. A demodulation according to claim 15, wherein the 
second intervals are intervals sampling at a sampling clock 
of 9.6 KHz. 

17. A communication apparatus for communicatmg digi- 
tal data representing a modulated signal via a digital trans- 
mission path, said apparams comprising: 

procedure means for performing a communication control 
procedure; 

first conversion means for converting a communication 
control procedure signal into first digital signals arid 
outputting said first digital signals at first intervals, said 
first digital signals representing a modulated signal 
modulated by a modulation process in accordance with 
the communication control procedure signal, and said 
first intervals being predetermined for the modulation 
process; and 

second conversion means for converting said first digital 
signals, input at said first intervals, into second digital 
signals representing the modulated signal at second 
intervals which are different from said first intervals 
and which correspond to a sampling frequency of the 
digital transmission path, and outputting said second 
digital signals at said second intervals to the digital 
transmission path. 

18. An apparatus according to claim 17, wherein said first 
conversion means sequentially converts said communication 
control procedure signal input at the first intervals into said 
first digital signals. 

19. An apparatus according to claim 17, wherein said 
second conversion means converts said first digital signals 
input at said first intervals into said second digital signals at 
said second intervals by interpolation. 

20. An apparatus according to claim 17, wherein said 
second intervals are equal to intervals between sampling 
clocks of said digital transmission path. 

21. An apparatus according to claim 17, wherein said first 
intervals are shorter than said second intervals. 

22. A method for generating digital signals representing a 
modulated signal to be transmitted via a digital transmission 
path, said method comprising the steps of: 

inputting digital transmission signals; 
producing first digital signals, using a modulation 
process, representing the modulated signal correspond- 
ing to the digital transmission signals at first intervals, 
the first intervals being predetermined for the modula- 
tion process; 

converting the first digital signals into second digital 
signals representing the modulated signal at second 
intervals which are different from the first intervals and 
which correspond to a sampling frequency of the digital 
transmission path; and 
outputting the second digital signals at said second inter- 
vals to the digital transmission path. 

23. A method according to claim 22, wherein the first 
digital signals are reproduced sequentially at the first inter- 
vals at the producing step. 

24. A method according to claim 22, wherein the first 
digital signals are interpolated at the second intervals at the 
converting step. 

25. A method according to claim 22, wherein the second 
intervals are intervals sampling at a sampling clock of 8.0 
KHz. 
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26. A method according to claim 25, wherein the first 
intervals are intervals sampling at a sampling clock of 9.6 
KHz. 

27. A method according to claim 26, wherein five of the 
second ^igitarsignals arc converte^d from' six of Ihc first 5 
digital signals. 

28. A demodulating method for demodulating reception 
signals from a digital transmission path, said method com- 
prising the steps of: 

inputting digital reception signals from the digital trans- ^0 
mission path at first intervals which correspond to a 
sampling frequency of the digital transmission path; 

converting the digital reception signals into converted 
digital signals which have values of an envelope rep- 
resented by the digital reception signals sampled at 
second intervals different from the first intervals; and 

demodulating the converted digital signals. 

29. A demodulating method according to claim 28, 
wherein symbol data is obtained at the demodulating step. 

30. A demodulating method according to claim 28, 
wherein the digital reception signals are interpolated at the 
second intervals at the converting step. 

31. A demodulating method according to claim 28, 
wherein the first intervals are intervals sampling at a sam- ^5 
pling clock of 8.0 KHz. 

32. A demodulating method according to claim 28, 
wherein the second intervals are intervals sampling at a 
sampling clock of 9.6 KHz. 



33. A demodulating method according to claim 28, 
wherein six of the converted digital signals are converted 
from five of the digital reception signals at the converting 
step. 

-34: A demodulating method for demodulating reception 
signals from a digital transmission path, said method com- 
prising the steps of; 

inputting, from the digital transmission path, digital 
reception signals representing a modulated signal at 
first intervals which correspond to a sampling fre- 
quency of the digital transmission path; 
interpolating the digital reception signals at second inter- 
vals different from the first intervals such that the 
interpolated digital reception signals represent the 
modulated signal; and 
demodulating the interpolated digital reception signals. 

35. A demodulating method according to claim 34, 
wherein symbol data is obtained at the demodulating step. 

36. A demodulating method according to claim 34, 
wherein the first intervals are intervals sampling at a sam- 
pling clock of 8.0 KHz. 

37. A demodulating method according to claim 36, 
wherein the second intervals are intervals sampling at a 
samphng clock of 9.6 KHz. 

38. A demodulating method according to claim 34, 
wherein five of the digital reception signals are interpolated 
into six. 
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